METHOD AND APPARATUS FOR REVERBERATION 

PROCESSING 

BACKGROUND OF THE INVENTION 

1 .Field of the Invention 
5 The present invention is a method and an apparatus for reverberation 

processing, and especially relates to a reverberation processing device 
comprising a high quality filter module and a low quality filter module, in 
which the reverberation generated in a limited period at beginning is provided 
by the high quality filter module. 

10 2. Description of Related Art 

In recent years, audio playing devices generate sound with 3D effect to 
users, where the sound is perceived as real and virtual reality is created. 

Sound with 3D effects is usually made by man via providing artificial 
reverberations. In general, natural reverberations are echoes and resonance of 

15 sounds generated in a specific environment and the reverberations will decay 
with time. Artificial reverberation can be made by filters. According to 
different reverberation characteristics and delay times, various filters can be 
devised and the reverberations can be generated via using the filters to perform 
convolution calculations with an original sound The filters are classified into 

20 two categories, i.e. finite impulse response filter (FIR filter) and infinite 
impulse response filter (HR filter). 

The FER filter is devised primarily via measuring environmental 
reverberations. Since it has finite impulse responses, the FIR filter can provide 
the realest reverberation effects. However, having higher calculation 

25 complexity is the drawback of the FIR filters. Fig. 1 shows a block diagram 



of a conventional FIR filter used for reverberation processing. Therein, the 
delay units 1 0 are used to simulate a special effect of the early reflection in free 
space. The sampling speed is 48k per second, and about 100 thousand points of 
convolution calculations need to be performed in every three seconds. 
5 Therefore, the FIR filter 50 needs numerous cascaded delay units 10 for 
sampling. Hence, it will cause the circuit designs more complicated and the 
processing speed much lower. 

IIR filters are all pass filters and can produce infinite reverberation 
impulse responses. Although the IIR filters have lower calculation 

10 complexity, the reverberations produced by the IIR filter are unnatural. As 
shown in Fig. 2, the IIR filter only employs a power amplifier 75 to feedback 
the signals to produce the reverberation impulse responses infinitely. Hence, 
the structure and calculation of the circuit shown in Fig. 2 are simpler than 
that of the FIR filters obviously. However, the correlation between the signals 

15 generated by the IIR filters 100 is larger so that the produced reverberations 
are more unnatural. 

As described above, the conventional apparatuses for reverberation 
processing still have drawbacks obviously. The apparatus using FIR filter can 
produce a high sound quality but its cost is also high. The apparatus using IIR 

20 filters may has lower calculation complexity and simpler structure , but it can't 
produce realer reverberation. 



SUMMARY OF THE INVENTION 

The object of the present invention is to provide a method and an 
25 apparatus for reverberation processing. Since human can identify 
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reverberations of the audio signals only during a finite period of time. The 
method of the present invention has following steps: providing a high quality 
filter module and a low quality filter module; inputting an audio signal into the 
high quality filter module for generating a high quality reverberation in a 
5 limited period; inputting the audio signal to the low quality filter module for 
generating a low quality reverberation with unlimited length; delaying the 
reverberation generated by the low quality filter module; and combining the 
high and low quality reverberations generated by the high quality filter module 
and the low quality filter module. 

10 Numerous additional features, benefits and details of the present invention 

are described in the detailed description, which follows. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The various objects and advantages of the present invention will be more 
15 readily understood from the following detailed description when read in 
conjunction with the appended drawing, in which: 
Fig. 1 shows a block diagram of a prior art FIR filter; 
Fig. 2 shows a block diagram of a prior art IIR filter; 

Fig. 3 shows a block diagram of a device for reverberation processing in 
20 accordance with the present invention; . 

Fig. 4 shows a time curve diagram of signals in the present invention; and 
Fig. 5 shows a flow diagram of a method for reverberation processing in 
accordance with the present invention. 

25 
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DETAILED DESCRIPTION OF PREFERRED EMBODIMENTS 

The present invention proposes a reverberation processing device and 
method having the common advantages of the high quality and low quality 
filter modules so that it can give consideration to the sound quality and 
5 processing speed of the reverberation signals. Fig. 3 shows the block diagram 
of a reverberation processing device in accordance with the present invention. 
A common input terminal 200 receives audio signals and then inputs the audio 
signals into a high-quality filter module 225 and a low-quality filter module 
250, respectively. In this embodiment of the present invention, the high quality 

10 filter module 225 may be a FIR filter and the low quality filter module 250 
may be an IIR filter. 

Only during a finite period of time can a human identify the ieverberation 
effects in the audio signals, and the finite period of time is about 50ms 
according to a report of a latest experiment. Therefore, the high quality filter 

15 module 225 is used to process the input audio signals for 50ms. Many 
calculations in using the high quality filter module 225 are needed; if the high 
quality filter module 225 is used for only 50ms, the amounts of calculations 
and sampling points for convolution calculations will be significantly fewer; 
thus, the circuit may be simplified. After 50ms, the audio signals are input into 

20 the low quality filter module 250. Although the effects made by the low quality 
filter module 250 are inferior to those made by the high quality filter module 
225, human cannot differentiate between the reverberation effects after 50ms 
and the reverberation effects lasting infinitely. Because points in convolution 
calculations are much fewer for a processing time of only 50ms, processing 

25 speed of the circuit is improved, and the quantity of memory needed for storing 
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the calculation results is much smaller. 

The high quality filter module 225 generates audio signals with high 
quality reverberation effects and the signals will last for a finite period T. After 
that, the high quality audio signals are immediately sent to an adder 280. 
5 Users can hear the high quality audio signals output from the adder at first time 
and thereby differentiate the echo and resonance of the sounds. 

The low quality filter module 250 will generate infinite length audio 
signals with low quality reverberation effects. However, the low quality filter 
module 250 may be connected to a delay unit 275, and the audio signals will be 
10 delayed for a period of time K. Next, the audio signals are also sent to the adder 
280 and combined with the above-mentioned high quality audio signals. Users 
will not hear the delayed low quality reverberation effects at first; and the delay 
unit 275 can be connected behind or in front of the low quality filter module 
250. 

15 Fig. 4 shows a timing diagram of signals in the present invention. In the 

beginning of the time, the signals with reverberation effects are provided by the 
high quality filter module 225, and the signals will last for a finite period of 
time T. The other audio signals are processed by the delay unit 275 first, and 
then output by the low quality filter module 250 after a delay time K (the delay 

20 time K may last for 25ms to 45ms). There always exists an overlap time (T-K) 
to prevent the interruption of the audio signals with reverberation effects. 
Before the finite audio signals vanish, the infinite audio signals overlap with 
the finite audio signals; therefore, users will not feel a drop when listening the 
audio signals. 

25 Fig. 5 shows a flow chart of a reverberation processing method of the 

present invention. The steps are: providing a high quality filter module 225 and 



a low quality filter module 250 (S201); inputting audio signals into the high 
quality filter module 225 for generating audio signals with high quality 
reverberation effects during a finite period of time (S203); meanwhile, 
inputting audio signals into the low quality filter module 250 for generating 
5 audio signals with low quality reverberation effects (S205); delaying the audio 
signals with low quality reverberation effects (S207), in which users will hear 
the sound output from the high quality filter module 225 first; and finally, 
combining the two audio signals processed by the high quality filter module 
225 and the low quality filter module 250. Following the above-mentioned 

10 steps, the reverberation effects will be made first by the high quality filter 
module 225 during a finite period of time T. 

Although the present invention has been described with reference to the 
preferred embodiment therefore, it will be understood that the invention is not 
limited to the details thereof. Various substitutions and modifications have 

15 suggested in the foregoing description, and other will occur to those of ordinary 
skill in the art. Therefore, all such substitutions and modifications are intended 
to be embrace within the scope of the invention as defined in the appended 
claims. 
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